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METHOD FOR LINEARISING A POWER AiMPLIFIER OVER A WIDE 

FREQUENCY BAND ^ 

Background of the Invention 

The invention relates to a method for linearising a power annplifier and to an 
5 amplifier using such method. It relates also to a transmitter comprising a power am- 
plifier of this kind. 

Generally, power amplifiers are used near saturation in order to obtain the 
most efficient use of such amplifiers. However, near saturation, the amplifier has a 
non linear behavior, i.e. the gain decreases sharply for high input signals compared- 
10 to smaller input signals; moreover the output signal is phase distorted due to the well 
known AM/PM conversion, i.e. due to the conversion of amplitude modulation into 
phase modulation. 

The distortion of the output signal with respect to the input signal is generally 
not admissible as far as non constant envelope signals are used. This is more 

15 particularly true in the field of telecommunications which necessitates both power 
efficiency and good qualities of signals. 

In order to linearise amplifiers, several solutions are known. However, it has 
been observed that none of the conventional solutions can provide power efficiency 
over a wide frequency band as it is often requested more particularly in the above 

20 mentioned field of telecommunications. For instance, in future radio telephone sys- 
tems, use will be made of CDMA (Code Division Multiple Access) where the modu- 
lation is spread over a frequency band of several megahertz. In fact, in CDMA, to 
each symbol, such as a bit, is superposed a code which is a sequence at a higher 
frequency. 

25 The only solution which is known, up to now, for the linearisation over a 

wide frequency band of a non constant envelope signal is the analog feed forward 
technology wherein no feed back loop is provided. It corrects in real time, the non- 
linearities, even if they are frequency dependent. In the analog feed forward tech- 
nology, the non linearities are substracted from the input signal to amplify. 

30 However, this solution has a very low power efficiency. According to the 

present state of the art the total power efficiency of an RF amplifier with analog feed 
forward linearisation is about 6% and a power amplifier has an efficiency of about 
30% or more when it is not provided with this linearisation. Moreover, analog feed- 
forward is expensive and increases significantly the size of the device. The high cost 

35 comes from the fact that the corresponding circuits need calibration and tuning. 
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It is also known to use digital predistortion which has the advantage of a 
good efficiency. However, it has been observed that digital predistortions of amplifi- 
ers work correctly only on narrow and medium frequency bands. 
Summary of the Invention 
5 In order to provide a power efficient and wide band linearisation of power 

amplifiers, the method according to the invention is characterized in that the instan- 
taneous frequency of each sampled input signal is measured and in that, to each real 
time sample, is applied a digital predistortion which depends on the measured 
instantaneous frequency. 

10 In one embodiment, the digital predistortion is performed with a set of look- 

up tables, each look-up table corresponding to a given frequency or to a given fre- 
quency domain or subband. 

For each real time sample, the look-up table corresponding to the measured 
frequency applies to the input signal a predistortion which compensates, at the output 

15 of the amplifier, the distortions which would appear without the predistortions. 

In an other embodiment, the predistortion is, for each frequency, repre- 
sented by a set of coefficients which are coefficients of a polynom for which the 
variable is the amplitude of the input signal and which provide the necessary pre- 
distortion for this input signal. 

20 With this last embodiment, it is possible to use less memory capacity than 

with a look-up table. In fact, in this latter case, it is necessary to keep in memory for 
each frequency or frequency domain, the predistortion values for all possible values 
of the amplitude of the input signal; on the contrary with polynom coefficients, it is 
only necessary to keep in memory a set of coefficients for each frequency or fre- 

25 quency domain. However, with this embodiment, it is necessary to use more calcu- 
lation in order to derive (calculate the polynoms) the predistortion from the input 
amplitude value and the coefficients. 

According to a preferred embodiment, in order to limit the capacity of the 
memory for storing tables or coefficients, the accuracy of the signal representing the 

30 frequency is lower than the accuracy of the amplitude of the input signal. Therefore, it 
is possible to limit the number of look-up tables or the number of sets of coefficients. 
For instance, if the amplitude of the input signal is represented by a sixteen bit 
number, the frequency may be represented by a four bit number. In fact, it has been 
observed that, although non linearities are frequency dependent, on narrow or 

35 medium bands, they are relatively frequency insensitive inside a narrow or medium 
band. In other words, the wide frequency band to be amplified may be divided into a 
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limited number of domains inside which the same look-up table or the some coeffi- 
cients may be used. 

In order to measure or estimate the instantaneous frequency of each input 
sample, in an embodiment, the phase between two successive samples is measured, 
5 for instance the difference between the phase of the present sample and the phase of 
the previous sample, or the difference between the phase of the present sample and 
the phase of the next sample. It is also possible to estimate the instantaneous 
frequency through an interpolation of the measurement of the phase differences of 
several successive samples. 

10 As generally the samples are represented in rectangular coordinates by an in 

phase abscissa I and a quadrature ordinate Q, in order to derive the amplitude and 
phase, it is necessary to use a rectangular to polar coordinate conversion, for 
instance, a Cordic conversion. This last conversion method is well known; as it is 
based on successive additions and subtractions it may be easily realized into an 

15 integrated circuit. 

The method and the amplifier according to the invention may be used either 
in base band or in intermediate frequency (IF) band according to the availability and 
performances of D/A converters. 

Due to aging, drifts, variations of power voltages and other operating 

20 parameters, it may be necessary to update periodically, or from time to time, the 
look-up tables or the polynomial coefficients. These tables or coefficients may be 
updated through measurements of output signals from the amplifier and conven- 
tional algorithms which modify the tables or coefficients in view of the measurements, 
more particularly in view of the comparison between output and input signals. 

25 The input signals used for the updating method may be specific test signals, 

or the regular input signals. 

The measurement of signals at the output of the amplifier is performed by a 
receiver. In the case of a telecommunication equipment the power amplifier is used in 
a transmitter, which is generally associated with a receiver. In that case, the receiver 

30 used for the measurement of output signals may be the receiver associated with the 
transmitter for the duplex transmission/reception. It may also be a specific receiver, 
such as a coherent receiver (heterodyne or superheterodyne). 

The invention relates generally to a method for the linearisation of a wide 
frequency band power amplifier. According to the invention, the frequency band of 

35 operation of the amplifier is divided into at least two groups or subbands, the 
instantaneous frequency of each sampled input signal is measured in order to 
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determine the group or subband to which it belongs and, predistortions are applied 
to the input signal, these predistortions depending on the frequency group. 

In an embodiment, the frequency dependent predistortions are provided by 
a set of look-up tables, the number of look-up tables being equal to the number of 
5 frequency subbands, a look-up table containing, for each amplitude of the input sig- 
nal, two correction values representing the amplitude and the phase of a 
predistortion. 

In another embodiment, the predistortion values are calculated by using 
coefficients of a polynom of which the variable is the amplitude of the input signal. 
10 In a further embodiment, the instantaneous frequency of the sampled input 

signal is calculated by the derivative of the phase of this input signal. 

The instantaneous frequency of the sampled input signal may be calculated 
by the substraction of the phases of two successive samples. 

The input sampled signals are, in an embodiment, represented by their 
15 rectangular coordinates in a complex plane and their rectangular coordinates are 
converted into polar coordinates, the phase being used to determine the frequency 
group and the amplitude being used to determine the predistortion values in the 
frequency group. 

According to an embodiment, the accuracy of measurement of the instan- 
20 taneous frequency is lower than the accuracy of the input signal. 

The predistortion values or coefficients may be periodically updated by 
measuring the effect of input test or regular signals on the output signal of the 
amplifier and by calculating the predistortion values or coefficients based on this 
measurement. 

25 The invention relates also to an application of the method to the linearisation 

of the power amplifier of a transmitter. 

Such transmitter may transmit CDMA signals. 

In an embodiment, the transmitter comprises a coherent receiver which is 
used for the updating of predistortion values or coefficients. 
30 The invention relates to an application of the method to a station comprising 

a transmitter with a power amplifier to be linearised and a receiver, wherein the 
receiver is used for measuring the output of the power amplifier for updating predis- 
tortion values or coefficients. 

Brief Description of the Drawings 
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Other features and advantages of the invention will appear with the 
description of certain of its embodiments, this description being made in conjunction 
with the following drawings which represent: 

figure 1, a diagram showing the variation of the output signal of an 
5 amplifier versus its input signal, 

figure 2 is a frequency band diagram showing one aspect of the invention, 

and 

figure 3 is a schematic representation of one embodiment of the invention. 
More detailed Description of the Invention 

10 The example which will be now described with reference to the drawings 

refers to a transmitter/receiver for a cellular telephone base station of the third gen- 
eration, i.e. of the UMTS (Universal Mobile Telephone System) which is presently 
under development. 

It is recalled here that in a cellular telephone system, each subscriber is 

15 connected to a network through a base station which is called a base transceiver 
station (BTS). This station receives communications from subscribers and transmits 
them to other subscribers. The capacity of the telecommunications system depends on 
performances of such base station, and, among others, on the efficiency of its power 
amplifiers and on RF coupling constraints. 

20 In order to minimize the cost of such station and to comply with the spectral 

shaping requested by standards, it is necessary that it uses a single amplifier. As this 
system is using CDMA between subscribers and base stations and as CDMA may be 
considered as noise having important variations in envelope (due to the stacking of a 
plurality of users' spreading codes) over a wide band of several megahertz, it is 

25 essential for this application to properly linearise the amplifier over a wide band. If 
the power amplifier was not linearised, it would be necessary either to use large 
guard bands, i.e. unused spectrum, between adjacent channels in order to avoid 
interference from one channel to the other due to non linearities, or to overdimension 
power amplifiers (back off). 

30 Figure 1 is a diagram of operation of an amplifier 10 (figure 3) wherein it 

appears that, when the input signal Sj becomes greater than a given value L, the 
output signal Sq remains practically constant. This well known feature of an amplifier 
is called "saturation". 

In order to use at best such amplifier, it is preferable to use it near satura- 

35 tion. However, in this case, the gain (the ratio S^/Sj) becomes non constant in 
amplitude and phase and this non constant behavior generates in band distortions of 
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the output signal as well as out of band interferences which may be detrimental not 
only to the transmitted signal, but' also to signals which may be transmitted si- 
multaneously, at the same frequency or at different frequencies. 

In order to prevent these non linearities, it is known to apply predistortions to 
5 the input signal which compensate the distortions which would be, without these 
predistortions, present in the output signal. 

According to the invention, the frequency band AF of the power amplifier is 
subdivided into domains or subbands AF], AF2, ... AFp (figure 2) and the corre- 
sponding predistortion is provided for each subband. 

10 Figure 3 represents a base station comprising the above mentioned power 

amplifier 10 and also a coherent receiver chain 16. The output of amplifier 10 is 
connected to a transmitting/receiving antenna 18 through a coupler 20. The coupler 
is used also to connect the antenna 1 8 to the input of the receiver chain 1 6. 

The receiver chain is a dedicated chain used for the measurement of output 

15 signals of the amplifier in order to update tables or sets of coefficients as will be 
explained herein below. 

Tfc^e signals to be amplified by power amplifier 10 are samples at a sample 
frequency of 3^77^ megahertz. These samples are, classically, represented by their 
complex coordinates rbT:»dQ. The coordinates I and Q are applied to the respective 

20 inputs 22] and 222 of a cornf)^x multiplier accumulator (CMAC) 22, the function of 
which will be described later. These>5NtQCOordi nates I and Q, which represent the real 
time signal in rectangular coordinates ar'fe-v^nverted into polar coordinates by a 
Cordic converter 24. This converter 24 has two outpjjts 24] and 242- The output 24] 
provides the amplitude R of the instantaneous inpLr^^siQnal and the output 242 

25 — ^^f=evidb!b Ihe phase (j> of the inpuT sample. 

The R output 24] is connected to the amplitude input of a RAM memory 
containing look-up tables (LUT) and the output 242 of converter 24 is connected to 
the input of a differentiator 28 which operates at the sample frequency. The output 
28] of this differentiator is connected to a frequency input 262 memory 26. 

30 In an embodiment, the differentiator is a substractor which makes the dif- 

ference between the phase of the present sample and the phase of the previous 
sample. 

The RAM memory 26 has also one input 263 connected to the output of a 
digital signal processor 30 which provides signals for updating the values in the 
35 tables memorized in RAM 26 as explained hereinafter. 
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The RAM 26 has two outputs 264, 265 which provide signals Al', AQ' 
applied to corresponding respective inputs of CAAAC 22. 

These signals Al' and AQ' are predistortions of, respectively, I and Q which 
are applied to said coordinates in order to compensate for distortions due to non 
5 linearities. 

The complex multiplier/accumulator 22 has two digital outputs 223 and 224 
on which appear the predistorted components I] and Q] of the input sampled sig- 
nal. These digital components are connected to the respective inputs of a quadrature 
mixer 32 through, respectively, digital to analog (D/A) converters 343 and 344. The 
10 role of this mixer 32 is, in connection with an intermediate frequency local oscillator 
36, to convert the input signal, which is in base band frequency, into intermediate 
frequency. 

The output of mixer 32 is connected to the input of another mixer 38 
through an intermediate frequency (IF) interface 40 including and IF filter having a 
15 band pass of at least 3 (for instance) times the useful channel, this band pass being 
preferably flat. In fact, if the band pass would correspond exactly to the useful chan- 
nel, it would not be possible to linearize correctly outside of this channel. 

The mixer 38 converts, with a second local oscillator 42, the IF into a signal 
modulated at the transmission frequency. The output of mixer 38 is connected to the 
20 input of power amplifier 1 0. 

The output of receiver chain 16 is also connected to the input of a quadra- 
ture mixer 44 which, with a local oscillator 46, converts the received signal into ana- 
log \q and Qd components of the received signal. These components are in the base 
band frequency. These signals are applied to respective inputs 30], 302 processor 
25 30 where they are converted into digital format. 

In this example, local oscillators 42 and 46 are synchronized. 

The operation is as follows: 

In memory 26 are stored n tables, one for each frequency subband AF] ... 
AFp,. The selection of the table is made according to the instantaneous frequency 
30 measured by differentiator 28. The memory 26 delivers signals Al' and AQ' which are 
combined to components I and Q to predistort the signals which will be provided on 
mixer 32 and, through mixer 38, on the input of power amplifier 10. 

In an embodiment, n=16, i.e. the number of bits of Aq)=(p(t) - (p{t - 1) has 
an accuracy of four bits, although the components I and Q may be much more accu- 
35 rate, i.e. may have more bits, for instance 16 bits. 
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In this embodiment, a look-up table is a table of correspondence between 
the amplitude R of the input signal provided by output 24] of converter 24, and pre- 
distoriion components Al' and AQ'. In other words, for each increment of amplitude 
R, Al' and AQ' may vary. 
5 In another embodiment, in order to reduce the capacity of memory 26, 

instead of a table, a precalculated mathematical model of predistortions is estab- 
lished. The simpler model is a polynomial model wherein: 

Ar = ai R + a2R2 + asR^ + ... and 

AQ' = biR + b2R2 + b3R3 + 
10 and the memory 26 contains only the set of coefficients a], 02 ... b], b2 ... 

for each frequency, and the polynoms, i.e. the values Al' and AQ', are calculated by a 
processor, for instance installed between memory 26 and CMAC 22. 

The role of processor 30 is to apply on input 263 of memory 26 updated 
values of each item of the tables (or of each coefficient in case of a polynomial 
15 model). In fact, it is necessary to update these values and coefficients at least from 
time to time, because of aging, temperature variations, variations of power voltages, 
etc. 

This updating is performed by a learning algorithm which is implemented in 
processor 30. Such learning algorithm being conventional, it is not necessary to 
20 describe it in details. 

In a first embodiment, the operation of the amplifier is stopped periodically, 
for instance during periods of low traffic, and test signals are injected at the input. 
These test signals are detected by the receiver chain 16,44 through the coupler 20 
which provides on inputs 30 1 and 302 analog signals which are used to calculate the 
25 predistortion values of the tables, or the coefficients of the polynoms. 

For instance, the test signal comprises, for each frequency subband AF], 
AF2, etc., two isolated frequencies and the extra spectral values which may appear on 
inputs 30] and 302 are used to calculate the predistortion values or coefficients. 

In a second embodiment, the learning or updating algorithm uses the nor- 
30 mal signals applied to the amplifier. Therefore, it is not necessary to stop the opera- 
tion of the base station for updating. Moreover, with such real time algorithm, it is 
possible to update more frequently the values or coefficients. 

In that case, the processor 30 needs inputs 3O3 and 3O4 for the I and Q 
values applied on the inputs of multiplier 22 and also an input 3O5 for the sample 
35 frequency as a reference signal. 
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It is to be noted that, whatever learning algorithm is used, instead of using a 
dedicated associated coherent receiver chain 16,44, the usual base station receiver 
(not shown) may be used in order to check or measure the effect of test signals, or of 
normal signals, on the output of amplifier for calculating the predistortion values or 
5 coefficients, provided that, during this time, the receiver is tuned to the transmission 
band. 

When the base station is provided with two receivers, which are normally 
used simultaneously (this is generally called uplink diversity), one of these receivers 
may be used also for the detection of test signals or normal signals and it provides 

10 signals at the input 30], 302 processor 30. This embodiment is particularly useful 
when the updating is performed during normal operation because, with the use of 
the second receiver, it is possible to minimize the effect of the updating on normal 
performances of the amplifier 10. 

It is to be noted that the method and the device which have been described 

15 may be used for the linearisation of power amplifiers, the digital input signals being 
either in intermediate frequency or in base band frequency. 



